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Description 

A Method for Procossing an Audio Signal 

APPARATUS AND METHOD FOR PROCESSING AN AUDIO SIGNAL TO 
COMPENSATE FOR THE FREQUENCY RESPONSE OF LOUDSPEAKERS 

BACKGROUND OF THE INVENTION 

The present invention relates generally to processing audio signals and, more particularly, 
to a method and to a circuit - apparatus for processing an audio signal to compensate for the 
frequency response of loudspeakers, which is applied, via a first path, to the first input of an 
adder. 

Devices that reproduce Such methods and circuits are used in devices for acoustic 
rcproductionsignalsT such a s, for example, -e^gr-television sets, radio receivers, e^ and stereo 
systems, include a circuit for processing the audio signals. Typically, such circuits are designed to 
compensate for the frequency response of the loudspeakers to improve acoustic reproduction, and 
to prevent overdriving the device or the system. 

The most critical element in a unit for acoustic reproduction is the loudspeake r. The ^ 
who s e acoustic pressure of a loudspeaker drops about 40 db per decade below a structurally 
determined limit frequency. This corresponds to the transfer function of a second-order filter. On 
the other hand, bass reflex and transmission line loudspeakers have transfer functions which 
correspond to a higher order filter. Their lower limit frequency typically lies between about 50 Hz 
and 200 Hz. The lower the limit frequency of a loudspeaker, the more expensive it_is4t to 
produce. Economical units- such a s, for example, -e^r-television or portable radio receivers 
consequently are equipped with simple? loudspeaker s that have a relatively high ^ hose-lower 
limit frequency is relatively high . To improve acoustic reproduction in the lower frequency range, 
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the limit frequency of such units is shifted downward by preamplifying the low frequencies. 
However, this can cause the final amplifier and the loudspeakers to be overdriven. To prevent 
overdriving and possibly even destruction of the final amplifier or the loudspeaker, the output 
signal of the bass amplifier is fed back in such a way that the amplification of the lower 
frequencies is reduced if the output signal is strong. One example of such an approach is disclosed 
in Such a method is known from the U.S.-PS Patent 5,305,388. 

Another conventional approach is disclosed inT -he-U.S.-PS Patent 5,359,665 . This patent 
describes a circuit in which the audio signal is conducted directly, via a first path, to the first input 
of an adde r. The audio signal is simultaneously , while at the same time it is conducted, via a 
second path , and via a low pass filter and an amplifier with variable amplification, to the second 
input of the adder. This second path includes a low-pass filter and an amplifier with variable 
amplification. The output of the amplifier is fed back, through a signal level detector, to its 
I control input. This procedure circuit arrangement is described in the '665 patent to have the 
benefit of reducing f edtteefr-overdrive of the final amplifier. 

From research results of psychoacoustics, it is known that a person can still unambiguously 
determine the fundamental tene-level of a tone even when only harmonics of the fundamental 
frequency and ncti f-the fundamental frequency itself is not even present in the spectru m, but only 
harm o ni c a of the fundamental . This psychoacoustic effect is utilized in that the harmonic of the 
fundamental frequency is generated and is conducted to a loudspeaker whose limit frequency lies 
above this fundamental frequency. A listener consequently believes that s/he hears this low 
fundamental frequency even though the loudspeaker does not radiate it at all. 

The-U.S . Patent - PS- 5,668,885 describes a circuit which thereby "entices" from a 
loudspeaker wife- having a relatively high lower limit frequency still lower frequencies which are 
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lower than its limit frequency. This is done by generating harmonics of the lower frequencies. 
The audio signal is conducted, via a first path, to the first input of an adder. In a second path, the 
audio signal passes through a low-pass filter, is rectified, on ce a gai n passes through a second low- 
pass filter, is amplified, and finally is conducted to the second input of the adder. 

T-he-U.S . Patent -PS-4, 150,253 likewise describes a method and a circuit, in which an 
audio signal is divided into two signal paths. In the first path, the audio signal traverses a high- 
pass filter, so as to shift the phase based on in dependence on the frequency. Those signals at the 
output of the high-pass filter^ whese- which are at levels that exceed a given value- are conducted to 

the input of a generator te- which generates the harmonics of the fundamental frequency. The level 

I 

I of the signals at the output of the generator is attenuated to a value below the level of the original 

I 

audio signal. This attenuated signal and the original audio signal are then added together. 

Tfee-U.S . Patent - PS-4,700,390 describes a so-called synthesizer, in which harmonics are 
generated both for the lower and higher frequencies, and are added to the original audio signal. 
The alleged benefit set out in the 4 390 patent is that this T his is sup p osed to achieves better 
reproduction both in the low and in the high frequency range. 

ghe-U.S.-PS Patent 5,771,296 likewise describes a circuit in which the audio signal is 
conducted, via a first path, directly into an adder, while, via a second path, the harmonics of the 
lower frequencies are generated and are added in the adder to the original signa l. This provides 
the perception to the , so as to m a ke the listener believe that a-the loudspeaker radiates lower 
frequencies than it actually does. 

Finally, fee-lLS.-PS Patent 4,739,514 describes another circuit to improve the acoustic 
reproduction of low frequencies. With this circuit, too, the audio signal is conducted, via a first 
path, to the first input of an adder, while, via a second path consisting of an amplifier with 
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variable amplification in series with a bandpass filter, it is conducted to the second input of the 
adder. A signal level detector, whose input receives the audio signal, controls the amplificationof 
the amplifier. The above and other conventional r e f e renced, known methods and circuits have the 
disadvantage that, due to feedbac k technique employed , they react relatively slowly to rising 
amplitudes and, despite the feedback they tend to overdriv e the device or the system. What is 
needed, therefore, 

fr4s-fee f e rc th e object of th e inventi on t o design a m et h od in a ccorda nc e w ith t he g ener ic part of 
Claim I and a circuit in accordance wi t h t he g e n eric part of Claim 9, in such a fashion that the is 
5{ an audio processing technique that compensates for the frequency response of a loudspeaker4s 
[i| comp e n s ated, its acousti c reproduction is im p roved , an d without overdriving overdrive of-the 

m 

[11 circuit, its components or entire reproduction syste m i s p reven t ed , esp e cially particularly in the 
*„ range of low frequencies. 

m 

Ct- 
Q 
fit 

SUMMARY OF THE INVENTION 

Briefly, according to an aspect of the invention, a method for processing a received audio 

signal is disclosed. The method includes band-limiting the received audio signal to generate a first 
intermediate signal; multiplying the first intermediate signal by a correction factor to generate a 
second intermediate signal; amplifying the second intermediate signal by an amplification factor to 
generate a third intermediate signal; limiting the amplitude of the third intermediate signal to a 
specified maximum value to generate a fourth intermediate signal; band-limiting the fourth 
intermediate signal to generate a fifth intermediate signal; and adding the fifth intermediate signal 
to the received audio signal. 

-6- 
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in another aspect of the invention, a circuit for processing an input audio signal received at 

an input of the circuit to provide at an output of the circuit a processed audio signal is disclosed. 
The circuit includes a first adder having first and second inputs and an output at which the 
processed audio signal is provided; a first conductive path connecting the circuit input to the first 
input of the first adder, the first conductive path constructed and arranged to deliver the received 
audio signal unaltered to the first adder; and a second conductive path connecting the circuit input 
to the second input of the first adder. The second conductive path includes a first bandpass filter 
having an output and an input connected to the circuit input; a multiplier having a first input 
connected to the first bandpass filter output, and a second input, and an output; a variable 
amplifier, having an output and an input connected to the multiplier output, for amplifying a signal 
received at the amplifier input in accordance with an amplification factor presented at a control 
input of the amplifier: a first nonlinear circuit having an output and an input connected to the 
amplifier output, the nonlinear circuit limiting to a specified maximum the amplitude of a signal 
presented at the first nonlinear circuit input; a second bandpass filter having an input connected to 
the nonlinear circuit output and an output defining the circuit network output; and a first function 
generator having an input connected to a control output of the first nonlinear circuit, and an output 
connected to the multiplier second input. 

In a further aspect of the invention, a circuit for processing an input audio signal received 

at an input of the circuit to provide at an output of the circuit a processed audio signal. The circuit 
band-limits the received audio signal to generate a first intermediate signal; multiplies the first 
intermediate signal by a correction factor to generate a second intermediate signal; amplifies the 
second intermediate signal by an amplification factor to generate a third intermediate signal; limits 
the amplitude of the third intermediate signal to a specified maximum value to generate a fourth 
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intermediate signal; band-limits the fourth intermediate signal to generate a fifth intermediate 
signal; and adds the fifth intermediate signal to the received audio signal. 

In a still further aspect of the invention, a circuit for processing an input audio signal 

received at an input of the circuit to provide at an output of the circuit a processed audio signal, is 
disclosed. The circuit includes a first conductive path through which the received audio signal 
travels; and a second conductive path through which the received audio signal travels, wherein the 
audio signal is processed such that harmonics of the signal components with a low-frequency are 
generated in the second path and are admixed to the signal in the first path, wherein in the second 
path the audio signal is sequentially bandpass filtered, weighted with a correction factor, 
amplified, limited to a maximum value, and bandpass filtered, wherein the correction factor is 
reduced when the maximum value is exceeded. 

These and other objects, features and advantages of the present invention will become more 

apparent in light of the following detailed description of preferred embodiments thereof, as 
illustrated in the accompanying drawings. 

The invention ach i eves this object in terms of method in tha t t h e audio signal is band- 
, limited in a second path by means of a first bandpass filter , and that, at the output of the first 
ba n dpass filter, the band - limi t e d a u di o signa l is m&k-iplied by a correction factor, is amplified by 
■an- ampli fication factor, and then i ts amplitud e is limited to a specified maximum by means of a 
nonlinear circuit, and that the correction factor is reduced when the prescribed maximum is 
ex c e eded, bu t oth er wise rem ains consta n t o r is increase d, a nd that the audio signal at the ou tpakef 
t h e first nonlinear ci rcu i t is ban d lim i t e d by means of a se co n d ba n dp ass filter, and that the band 
l i mited audio signal a t t he out put of the secon d b a ndp ass filter is added, in the adder, to the audio 
signal of the first path. 

-8- 
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T he inv ent io n achieves this object in term s of appa rat us i n that t he aud i o - ■ s i gnal is 
co nducted tc the second input o f th e fi rs t adder via a sec ond p ath, con s isting of a firs t b an dpass 
filt er, a fi rs t m ult i plier, an ampli fi er with variable am pl ification, a first nonlinear circuit, and a 
second b a ndpass fil t er, all c o n ne ct ed i n s eri e s, an d that a co ntrol o utp ut of the first n o nl i n ea r 
circuit is c o nn ect e d to the inp u t of a firs t function g ener at or, who se ou tp at-is c o n nected to the first 
multip lie r, a nd th at an a mplif i cati on is appli e d to t he c on trol inpu t o f th e amplifi er . 

The invention w i ll now be described and exp la ined in ter m s of th e inv e n t ive embodiments 
s how n i n the figures. 

Gt BRIEF DESCRIPTION OF THE DRAWING 

FIG.igure 1 is a schematic block diagram illustration of one shows a first embodiment of an 

fit 

i& audio processing circuit of the present fe e- invention;- 

is 

CJ| FIG.igure 2 is a schematic block diagram illustration of another sho ws a s eco nd 

embodiment of an audio processing circuit of the present invention^ 

j^jj FIG . igure 3 is a schematic block diagram illustration of a further shows a third embodiment 

of an audio processing circuit of the present Ae-inventiorjb ; and 

FIG.igure 4 is a schematic block diagram illustration of a still farther s hews^a fourth 
embodiment of an audio processing circuit of the present 4he- invention. 



DETAILED DESCRIPTION OF THE INVENTION 

The present invention is directed to an improved method and circuit for processing audio 
signals in a manner that compensates for the frequency response of the loudspeaker without 
overdriving the circuit components. Aspects of the present invention are described in detail below 
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inventive method will be described and e x plain c d- with reference to different in terms of the first 
embodiments of an audio processing circuit. 

FIG. 1 is a schematic block diagram of one embodiment of au audio processing circuit of 
the present invention, the inventive circuit, shown in Figure 1. 

In FIGigure 1, an an-audio signal Xia-101 is received at circuit input Xin 109. Received audio 
signal 101 is conducted, via a first path 1Q5P4-, to ath© first input of an a first adder A4-114and, 
via a second path 1Q7P2, to athe-second input of ihe-adder UAAl. T4re- pSecond p ath 107P2 
includes consists of a first bandpass filter 102BP1, a festmultiplier 104M1, an amplifier 106AM 
with variable amplification, a fes^nonlinear circuit 108NL4, and a second bandpass filter 112,BP2 
all connected in series. The processed output audio signal XeuM03 can be taken from is available 
at circuit output node Xout 199. The circuit output 199 is directly connected to the output of the 
adder 1UAI. A control output of the-fe^nonlinear circuit Nbj-108 is connected to the input of a 
function generator F41 10. Nonlinear circuit 108 generates at its control output a control variable 
(" V") 1 1 8 which generates a correction factor (•' GC) 1 16 based on the value of control variable 
li8 - The output of the-function generator £4 -110 is connected to the first multiplier, 104M4-T 
providing correction factor ("GC") 116 to multiplier 104. As shown in Figure 1, aA control 
variable (" G") 120 is applied to control input of -the- amplifier 106AM. 

During operation, the ^he -received audio signal 101X4s is band-limited by the first 
bandpass filter BP4-1Q2. Then t The audio signal is then m ultiplied by-a variable correction factor 
GC J16 in tke-multiplier 104M4 . The resulting product provided at the output of the-multiplier 
I04M4 is amplified in the-amplifier AM-106 by ^amplification factor G 120. T4^Nonlinear 
circuit NLj-108 limits the amplitude of the audio signal delivered by 4he- amplifier AM-106 to a 
specified value. Embodiments of nonlinear circuit 108 are described in detail below. The output 
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signal of {fee-nonlinear circuit -NL1-1Q8 is band-limited by means of the bandpass filter Willi. 
T-he- flAs noted, n onlinear circuit NLi-l 08 eFeates- generates a-control variable V 118 the value of 
which is used by , f r om w hich the function generator ¥4 -1 10 to generate ge ne ra tes t h e correction 
factor GC 116. TfesnsCorrection factor GC 116 is varied by the-function generator ¥i-l 10 based 
on the value of in dependence on the control variables-^ 118. The value of correction factor GC 



1 16 is , in su ch a way that it is reduced by function generator 110 when control variable 118 



is 



greater than a predetermined maximum value, a condition that can result in an in the case of 
overdrive condition . On the other hand, if the level of the audio signal lies within its-allowed 
limits, the-correction factor GC 116 is increased by the-function generator 1 I0.¥ h Preferably, the 



K| value of correction factor GC 116 is limited to a maximum value of one ( 1 ) . but at most up to the 
m — " r 

valu e - It This is described in greater detail below. 
m 

L J A schematic block diagram of another The second embodiment of the audio processing 

is 

□ circuit of the present invention, referred to as audio processing circuit 200, is depic ted shewn-in 

m 

t i FIG.igure 2. Audio processing circuit 200 ; will now be described and will be explain e d in 
fQ con j unction witn ^ ws^embodiment of audio processing circuit 100 described above and 
illustrated in Q^FIG.igure 1. 

As shown in FIG. 2, the arrangement of the components of audio processing circuit 200 is 
similar to that of audio processing circuit 100. However, in the exemplary In the second 
embodiment illustrated in Figure 2, the-function generator 110F4 is implemented as a low-pass 
filter-TO r. This function generator is referred to in FIG. 2 as low-pass filter 210. Also, in this 
embodiment , and the first nonlinear circuit NH-108_is implemented as a limite r circuit y which 
cuts off the signal amplitude above a specified threshold. This embodiment of nonlinear circuit 
108 is referred to in FIG. 2 as limiter circuit 204. it should be understood to those of ordinary 

-11- 
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skill in the art that the above-noted components of audio processing circuit 100 and audio 
processing circuit 200 can he implemented with any well-known circuit components now or later 
developed. 

If the amplitude of the audio signal amplified by amplifier 106 signal a mp l itu d e -exceeds the 
specified threshold, fee-nonlinear circuit jvL4-lG8, 204 sets die value of condu cts th e control 
variable V 118 to a wife-negative value VI to the low pas s filte r TP!. On the other hand, when 
the amplitude of tf-the signal a mpli t u d e-lies below the specified threshold, fee-nonlinear circuit 
204 generates a control variable V 118 wife- having a positive valued. As noted, 
control variable V 118 is received by low-pass filter 210 which generates correction factor 116 
based on the value of control variable 118. There in accordance with the embodiment illustrated in 
FIG. 2, c orrection factor GC 116 for fee-multiplier Ml -104 is created by filtering fee-control 
variable V 118 by means of the low-pass filter 210TP1 . 

The nonlinear operation in fee-nonlinear circuit 108NLi, which limits the amplitudes of the 
audio signal to a specified threshold, generates audio signals with fee-lower frequencies, which are 
also called harmonics of the bass signal. The shape of these harmonics is determined by the 
selection of t he ch oice o f the nonlinear operation implemented in fee-nonlinear circuit 108NL1 and 
by the dimensioning of fee-bandpass filter 112BP3. A useful form of these harmonics can be 
determined , for example, erg^by calculation or by experiment, so as to make the beginning of an 
audio signal with low frequencies, e ^such as the striking of a drum, appear clearer and brighter 
to a listener. The choice of function implemented in ef-fee-function generator 110, 210 ¥ i 
determines the time which passes between the beginning of a strong, low-frequency tone and the 
reduction of fee-correction factor GC 116 to such an extent that fee-nonlinear circuit NLh-108 no 
longer generates harmonics. The length of this time interval, which is regarded as a time constant, 

- 12- 
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is determined by the dimensioning of ^low-pass filter 210¥Pi and the choice of the positive and 
negative values of £we-control variable Vs VI and ¥ 2 118 . 

One advantage of audio processing circuits 100, 200 is that, T he i n vent ive methods 
d e sc r i b ed above achieve t h e fo llowi n g e ffects: 

with With a small signal amplitude, the-amplifier 106 operates at full amplification and thus 
partially compensates the frequency characteristic of a loudspeaker. On the other hand, if the 
signal amplitude is sufficiently large, the frequency characteristic of the loudspeaker can be 
slightly compensated on l y s l igh t ly, be c au s e o t h e rwise-it - wo uld be- to avoid the loudspeaker from 
being overdriven. Thus, upon U pe&-the onset of a bass signal, theis bass signal is enriched with 
harmonics T so that a listener, despite the lack of bass volume from the loudspeaker, has the 
sensation of clearly and loudly hearing the bass frequencies. 

T he th i r d inventive embodiment , s ho w n in F i g ure 3, w i ll n o w be described and exp lai ned . 

A further embodiment of the audio processing circuit of the present invention, referred to 
as audio processing circuit 300. is shown in FIG. 3. Audio processing circuit 300 will now be 
described in conjunction with the embodiments of audio processing circuits 100 and 200 described 
above and illustrated in FIGs. 1 and 2, respectively. 

In the exemplary embodiment illustrated th e third e mbo di m ent- -in FIG. igure 3 , th^ a more 
detailed illustration of one embodiment of nonlinear circuit 108NL1 is shown i n det ail . The^This 
embodiment of n onlinear circuit 108Nfci is composed of a nonlinear circuit 3Q2NL2 and a 
function generator 304^2. The input- audio signal provided to the input of the-nonlinear circuit 
NL1 108 is, as noted, t hat is the output signal of t^amplifier 106. This signal A M— is directly 
conducted to the input of £k€-nonlinear circuit 3G2Nt?2 and to the input of the-function generator 
304. ^ The output of function generator 304 whose output -is connected to fee-a_control input of 

- 13 - 



MIC.6055 

ma-nonlinear circuit 3Q2NO. The signal output of ^nonlinear circuit 302NL2 is connected to 
the input of m^-bandpass filter 112SP2, while tl±^-a_control output of fee-nonlinear circuit 302 
NL2 is connected to ^fee-function generator 310. Function generator 3 10 can be implemented as 
function generator 110 described above with reference to FIG. L or as Fl or to ^low-pass filter 
2iQXgi described above with reference to FIG. 2 . 

Tfee^Nonlinear circuit NL2 302 continuously generates harmonics of the low-frequency 
components of the audio signal, which are weighted with -fee- variable factor ("NG") 306 by -fee 
function generator 304P3. The factor NG 306 is a function of the signal input s ignai to function 
generator 304 . Depending on the choice of function for fee-function generator 304-P3, manifold 
acoustic effects can be created. 

For example, fee-function generator 304£2 can be designed so that fee-nonlinear circuit 
302NLS more strongly generates harmonics as soon as the signal amplitude mus ^is to be limited, 
so as to prevent overdrive. In this way, fee-signal energy is distributed among the higher 
frequency harmonics, which a loudspeaker or a loudspeaker system can more accurately reproduce 
better. Although sew-the energy of the lower frequency signal components is reduce d in this 
approach , the listener nevertheless has the impression of a full bass sound due to the above- 
mentioned psychoacoustic effects. 

T h e fo urth inventive embodime n t, shown-in Figure 4, . w ill-aew^ be describ ed and ex plained. 

Figur e 4 sh ows in deta il a n exe mp lary structure of the nonlinear circuit NL2 and an 
exemplary structure of th e fu nc t i on ge nerator F2. 

A still further embodiment of the audio processing circuit of the present invention, referred 
to as audio processing circuit 400, is shown in FIG. 4. Audicprocessing circuit 400 will now be 
described in conjunction with the embodiments of audio processing circuit 100, 200 and 300 
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described above and illustrated in FIGs. 1 , 2 and 3, respectively. In this exemplary illustration of 
audio processing circuit 400, one embodiment of a detailed implementation of nonlinear circuit 
308 is illustrated. This illustrative embodiment is referred to in FIG. 4 as nonlinear circuit 408. 
Nonlinear circuit 408 includes embodiments of nonlinear circuit 302. referred to as nonlinear 
circuit 402 herein, and function generator 304, referred to herein as function generator 404. 

In this embodiment, the The i n put signal input to Ae-nonlinear circuit 408 NL1 , which, as 
noted, is the output signal from the-amplifier AM 106 , is conducted to tfee-a_first input of an adder 
402 A3, to the input of an absolute value forming circuit A-BS404, and to the input of a peak value 
detector P K406. T whose The output of peak value detector 406 is connected to the input of a low- 
pass filter 41QXP2 and a low-pass filter 412TO. The output of fellow-pass filter 410TPS is 
connected to atfee first input of a subtractor §414, and the output of m^-low-pass filter 412TPg [ s 
connected to athe second input of a-subtractor 414S. The output of the-subtractor 414S is 
connected, via a limiter 416, LI M 1, to the first input of a multiplier 418M2. 

The output of ^he-absolute value forming circuit ABS 404 is connected to the second input 
of tte-multiplier 41 SMS, the whose output of which is connected to athe-second input of ladder 
402 A3. The output of ^fee-adder 402A3 is connected to the input of a limiter LIM2 420 - The 
whose control output of limiter 420 is provided delivers the control variable V to tfee-function 
generator 410. As with function generator 310, function generator 410 can be implemented as 
function generator 110 or as Fl or to t h e low-pass filter 21Q. TP4-, The and w hose output of 
limiter 420 is connected to the input of Ae-bandpass filter 112BP2. The processed audio signal 
103 for a loudspeaker or a loudspeaker system is available at the output of the-bandpass filter 
112BP2. 

The pPeak value detector PK4Q6 determines the level of the maximum amplitude occurring 
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during a specified time interval T. The output signal of fe^peak value detector PK- 4Q6 is time- 
averaged by the two low-pass filters 410 and 412. TP2 an d TP3. In one embodiment, the The 
time constant of fee-low-pass filter TP3-412 is smaller than that of fee-low-pass filter 410. TP2, i.e. 

That is, the cut-off frequency of fee-low-pass filter 412TPi with the smaller time constant is 
higher than that of fellow -pass filter TP2 4 10 with the larger time constant. Because of the 
smaller time constant, the output signal of fellow-pass filter TP3 412 follows a change of the 
input signal faster than does the output signal of fee-low-pass filter TPS412. The absolute value 
forming circuit ABS 4 04 forms the absolute value of the input signal, which is weighted in fee 
multiplier 418- 442 by fee^f actor N G 306 - which ha s been generated by fee-subtractor 416S. 
Limiter 416 A li mi te r LIM1 limits fee-factor NG 306 to arrange between 0 and 1. The 
weighted absolute value of the input signal is added in fee-adder A2- 402 to the input signal, and 
the resulting sum is limited to a specified amplitude by means of the limiter L IM2420 T so as to 
prevent overdrive. 

For example, if the amplitude of the input signal rises discontinuously, the level at the 
output of fee-low-pass filter T P3 4 12 will rise faster, due to its smaller time constant, than at the 
output of fee-low-pass filter TP2410. As a result, fee-factor N G 306 , which is to be regarded as a 
control variable, assumes a positive value for rising amplitudes in the input signal. As the rate at 
which the The stronger the amplitude of the input signal rises increases , fee-more harmonics will 
be generated and will be admixed to the input signal. On the other hand, if the amplitude falls, fee 
factor NG 306 becomes negative, because now the level at the output of fee-low-pass filter 
due to its smaller time constant, becomes smaller than the level at the output offee-low- 
pass filter 41 OTPS. Because the factor NG 306 has a lower limit of zero, no harmonics are 
admixed to the audio signal when the amplitudes are falling. 
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A significant advantage of the invention is that the nonlinear operation of the-nonlinear 
circuit 40SN-L4, and the function of fee-function generator 410 -Fi, determine the form of the 
harmonics as well as the time of their generation. It should be understood by those of ordinary 
skill in the art that adjustments in By skillfu l ch oice of-the nonlinear operation of the nonlinear 
circuit 108, 208, 308, 408 and of the function of tfee-function generator ! 10, 210, 310, 410 , the 
invention can easily be adapted to loudspeakers with different characteristics, so that optimum 
compensation of the frequency response of a loudspeaker is always achieved. Because the 
amplitude of the audio signal is limited to a specified value by tfee-nonlinear circuit -NL1, the 
inventive circuit reacts much faster than the prior art to rising amplitudes of the audio signal. 

The invention is especially suited for acoustic reproduction units, e.g. television units, 
portable radios, which are equipped with loudspeakers with a weak bass range, because the 
invention prevents overdriving the entire reproduction system and at the same time offers the 
listener the illusion of sonorous basses, even though the loudspeakers really do not radiate these 
low bass frequencies. 

Although the present invention has been shown and described with respect to several 

preferred embodiments thereof, various changes, omissions and additions to the form and detail 
thereof, may be made therein, without departing from the spirit and scope of the invention. 
What is claimed is: 
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Abstract of th e Disclosure 

ABSTRACT OF THE DISCLOSURE 
So as tTo compensate the frequency response of loudspeakers and s o as to gi v e provide a 
listener with t he illusion of sonorous bass tone s, a circuit is disclosed that divides , it is known that 
an audio signal can be divided into a first and second path, such that harmonics of the signal 
components with a low-frequency are generated in the second path and are admixed to the signal in 
the first path. To improve reproduction, especially in the bass range of weakly designed 
loudspeakers, the audio signal is bandpass filtered-{B£^, weighted with a correction factor-GC 
{Ml}, amplified with an amplification facto r G (AM) , then limited to a maximum valu e (NL1) , 
and finally again bandpass filtered-(BP3), in the second path-(P3), before it is added to the original 
audio signal {Xififin the first path-(P4) . The correction factor (GG)-is reduced when the maximum 
value is exceeded, while otherwise it remains constant or is increased. Through this measure, 
harmonics are generated at the onset of a low-frequency audio signal, and are admixed to the 
original audio signal. 

Figure 1 
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APPARATUS AND METHOD FOR PROCESSING AN AUDIO SIGNAL TO 
COMPENSATE FOR THE FREQUENCY RESPONSE OF LOUDSPEAKERS 

BACKGROUND OF THE INVENTION 

The present invention relates generally to processing audio signals and, more particularly, 
to a method and apparatus for processing an audio signal to compensate for the frequency response 
of loudspeakers. 

Devices that reproduce acoustic signals such as, for example, television sets, radio 
receivers, and stereo systems, include a circuit for processing the audio signals. Typically, such 
circuits are designed to compensate for the frequency response of the loudspeakers to improve 
acoustic reproduction, and to prevent overdriving the device or the system. 

The most critical element in a unit for acoustic reproduction is the loudspeaker. The 
acoustic pressure of a loudspeaker drops about 40 db per decade below a structurally determined 
limit frequency. This corresponds to the transfer function of a second-order filter. On the other 
hand, bass reflex and transmission line loudspeakers have transfer functions which correspond to a 
higher order filter. Their lower limit frequency typically lies between about 50 Hz and 200 Hz. 
The lower the limit frequency of a loudspeaker, the more expensive it is to produce. Economical 
units such as, for example, television or portable radio receivers consequently are equipped with 
simple loudspeakers that have a relatively high lower limit frequency. To improve acoustic 
reproduction in the lower frequency range, the limit frequency of such units is shifted downward 
by preamplifying the low frequencies. However, this can cause the final amplifier and the 
loudspeakers to be overdriven. To prevent overdriving and possibly even destruction of the final 
amplifier or the loudspeaker, the output signal of the bass amplifier is fed back in such a way that 
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the amplification of the lower frequencies is reduced if the output signal is strong. One example of 
such an approach is disclosed in U.S. Patent 5,305,388. 

Another conventional approach is disclosed in U.S. Patent 5,359,665. This patent 
describes a circuit in which the audio signal is conducted directly, via a first path, to the first input 
of an adder. The audio signal is simultaneously conducted, via a second path to the second input 
of the adder. This second path includes a low-pass filter and an amplifier with variable 
amplification. The output of the amplifier is fed back, through a signal level detector, to its 
control input. This circuit arrangement is described in the '665 patent to have the benefit of 
reducing overdrive of the final amplifier. 

From research results of psychoacoustics, it is known that a person can still unambiguously 
determine the fundamental level of a tone even when only harmonics of the fundamental frequency 
and not the fundamental frequency itself is present in the spectrum. This psychoacoustic effect is 
utilized in that the harmonic of the fundamental frequency is generated and is conducted to a 
loudspeaker whose limit frequency lies above this fundamental frequency. A listener consequently 
believes that s/he hears this low fundamental frequency even though the loudspeaker does not 
radiate it at all. 

U.S. Patent 5,668,885 describes a circuit which thereby "entices" from a loudspeaker 
having a relatively high lower limit frequency frequencies which are lower than its limit 
frequency. This is done by generating harmonics of the lower frequencies. The audio signal is 
conducted, via a first path, to the first input of an adder. In a second path, the audio signal passes 
through a low-pass filter, is rectified, passes through a second low-pass filter, is amplified, and 
finally is conducted to the second input of the adder. 

U.S. Patent 4,150,253 likewise describes a method and a circuit, in which an audio signal 
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is divided into two signal paths. In the first path, the audio signal traverses a high-pass filter, so 
as to shift the phase based on the frequency. Those signals at the output of the high-pass filter 
which are at levels that exceed a given value are conducted to the input of a generator which 
generates the harmonics of the fundamental frequency. The level of the signals at the output of the 
generator is attenuated to a value below the level of the original audio signal. This attenuated 
signal and the original audio signal are then added together. 

U.S. Patent 4,700,390 describes a so-called synthesizer, in which harmonics are generated 
both for the lower and higher frequencies, and are added to the original audio signal. The alleged 
benefit set out in the '390 patent is that this achieves better reproduction both in the low and in the 
high frequency range. 

U.S. Patent 5,771,296 likewise describes a circuit in which the audio signal is conducted, 
via a first path, directly into an adder, while, via a second path, the harmonics of the lower 
frequencies are generated and are added in the adder to the original signal. This provides the 
perception to the listener that the loudspeaker radiates lower frequencies than it actually does. 
Finally, U.S. Patent 4,739,514 describes another circuit to improve the acoustic reproduction of 
low frequencies. With this circuit, too, the audio signal is conducted, via a first path, to the first 
input of an adder, while, via a second path consisting of an amplifier with variable amplification in 
series with a bandpass filter, it is conducted to the second input of the adder. A signal level 
detector, whose input receives the audio signal, controls the amplification of the amplifier. The 
above and other conventional methods and circuits have the disadvantage that, due to feedback 
technique employed, they react relatively slowly to rising amplitudes and, despite the feedback 
they tend to overdrive the device or the system. What is needed, therefore, is an audio processing 
technique that compensates for the frequency response of a loudspeaker without overdriving the 
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circuit, its components or entire reproduction system, particularly in the range of low frequencies. 

SUMMARY OF THE INVENTION 

Briefly, according to an aspect of the invention, a method for processing a received audio 
signal is disclosed. The method includes band-limiting the received audio signal to generate a first 
intermediate signal; multiplying the first intermediate signal by a correction factor to generate a 
second intermediate signal; amplifying the second intermediate signal by an amplification factor to 
generate a third intermediate signal; limiting the amplitude of the third intermediate signal to a 
specified maximum value to generate a fourth intermediate signal; band-limiting the fourth 
intermediate signal to generate a fifth intermediate signal; and adding the fifth intermediate signal 
to the received audio signal. 

In another aspect of the invention, a circuit for processing an input audio signal received at 
an input of the circuit to provide at an output of the circuit a processed audio signal is disclosed. 
The circuit includes a first adder having first and second inputs and an output at which the 
processed audio signal is provided; a first conductive path connecting the circuit input to the first 
input of the first adder, the first conductive path constructed and arranged to deliver the received 
audio signal unaltered to the first adder; and a second conductive path connecting the circuit input 
to the second input of the first adder. The second conductive path includes a first bandpass filter 
having an output and an input connected to the circuit input; a multiplier having a first input 
connected to the first bandpass filter output, and a second input, and an output; a variable 
amplifier, having an output and an input connected to the multiplier output, for amplifying a signal 
received at the amplifier input in accordance with an amplification factor presented at a control 
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input of the amplifier; a first nonlinear circuit having an output and an input connected to the 
amplifier output, the nonlinear circuit limiting to a specified maximum the amplitude of a signal 
presented at the first nonlinear circuit input; a second bandpass filter having an input connected to 
the nonlinear circuit output and an output defining the circuit network output; and a first function 
generator having an input connected to a control output of the first nonlinear circuit, and an output 
connected to the multiplier second input. 

In a further aspect of the invention, a circuit for processing an input audio signal received 
at an input of the circuit to provide at an output of the circuit a processed audio signal. The circuit 
band-limits the received audio signal to generate a first intermediate signal; multiplies the first 
intermediate signal by a correction factor to generate a second intermediate signal; amplifies the 
second intermediate signal by an amplification factor to generate a third intermediate signal; limits 
the amplitude of the third intermediate signal to a specified maximum value to generate a fourth 
intermediate signal; band-limits the fourth intermediate signal to generate a fifth intermediate 
signal; and adds the fifth intermediate signal to the received audio signal. 

In a still farther aspect of the invention, a circuit for processing an input audio signal 
received at an input of the circuit to provide at an output of the circuit a processed audio signal, is 
disclosed. The circuit includes a first conductive path through which the received audio signal 
travels; and a second conductive path through which the received audio signal travels, wherein the 
audio signal is processed such that harmonics of the signal components with a low-frequency are 
generated in the second path and are admixed to the signal in the first path, wherein in the second 
path the audio signal is sequentially bandpass filtered, weighted with a correction factor, 
amplified, limited to a maximum value, and bandpass filtered, wherein the correction factor is 
reduced when the maximum value is exceeded. 
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These and other objects, features and advantages of the present invention will become more 
apparent in light of the following detailed description of preferred embodiments thereof, as 
illustrated in the accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWING 

FIG. 1 is a schematic block diagram illustration of one embodiment of an audio processing 
circuit of the present invention; 

FIG. 2 is a schematic block diagram illustration of another embodiment of an audio 
processing circuit of the present invention; 

FIG. 3 is a schematic block diagram illustration of a further embodiment of an audio 
processing circuit of the present invention; and 

FIG. 4 is a schematic block diagram illustration of a still further a fourth embodiment of an 
audio processing circuit of the present invention. 

DETAILED DESCRIPTION OF THE INVENTION 

The present invention is directed to an improved method and circuit for processing audio 
signals in a manner that compensates for the frequency response of the loudspeaker without 
overdriving the circuit components. Aspects of the present invention are described in detail below 
with reference to different embodiments of an audio processing circuit. 

FIG. 1 is a schematic block diagram of one embodiment of au audio processing circuit of 
the present invention. In FIG. 1, an audio signal 101 is received at circuit input Xin 109. 
Received audio signal 101 is conducted, via a first path 105, to a first input of an adder 114 and, 
via a second path 107, to a second input of adder 114. Second path 107 includes a first bandpass 
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filter 102, a multiplier 104, an amplifier 106 with variable amplification, a nonlinear circuit 108, 
and a second bandpass filter 112, all connected in series. The processed audio signal 103 is 
available at circuit output node Xout 199. The circuit output 199 is directly connected to the 
output of adder 114. A control output of nonlinear circuit 108 is connected to the input of a 
function generator 110. Nonlinear circuit 108 generates at its control output a control variable 
("V") 118 which generates a correction factor ("GC") 116 based on the value of control variable 
118. The output of function generator 110 is connected to multiplier, 104 providing correction 
factor ("GC") 116 to multiplier 104. As shown in Figure 1, a control variable ("G") 120 is 
applied to a control input of amplifier 106. 

During operation, the received audio signal 101 is band-limited by bandpass filter 102. 
The audio signal is then multiplied by variable correction factor GC 116 in multiplier 104. The 
resulting product provided at the output of multiplier 104 is amplified in amplifier 106 by 
amplification factor G 120. Nonlinear circuit 108 limits the amplitude of the audio signal 
delivered by amplifier 106 to a specified value. Embodiments of nonlinear circuit 108 are 
described in detail below. The output signal of nonlinear circuit 108 is band-limited by bandpass 
filter 1 12. As noted, nonlinear circuit 108 generates control variable V 118 the value of which is 
used by function generator 1 10 to generate correction factor GC 1 16. Correction factor GC 1 16 is 
varied by function generator 110 based on the value of control variable 118. The value of 
correction factor GC 116 is reduced by function generator 110 when control variable 118 is 
greater than a predetermined maximum value, a condition that can result in an overdrive condition. 
On the other hand, if the level of the audio signal lies within allowed limits, correction factor GC 
116 is increased by function generator 110. Preferably, the value of correction factor GC 116 is 
limited to a maximum value of one (1). This is described in greater detail below. 
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A schematic block diagram of another embodiment of the audio processing circuit of the 
present invention, referred to as audio processing circuit 200, is depicted in FIG. 2. Audio 
processing circuit 200 will now be described in conjunction with the embodiment of audio 
processing circuit 100 described above and illustrated in FIG. 1. 

As shown in FIG. 2, the arrangement of the components of audio processing circuit 200 is 
similar to that of audio processing circuit 100. However, in the exemplary embodiment illustrated 
in Figure 2, function generator 1 10 is implemented as a low-pass filter. This function generator is 
referred to in FIG. 2 as low-pass filter 210. Also, in this embodiment, nonlinear circuit 108 is 
implemented as a limiter circuit which cuts off the signal amplitude above a specified threshold. 
This embodiment of nonlinear circuit 108 is referred to in FIG. 2 as limiter circuit 204. It should 
be understood to those of ordinary skill in the art that the above-noted components of audio 
processing circuit 100 and audio processing circuit 200 can be implemented with any well-known 
circuit components now or later developed. 

If the amplitude of the audio signal amplified by amplifier 106 exceeds the specified 
threshold, nonlinear circuit 108, 204 sets the value of control variable V 118 to a negative value. 
On the other hand, when the amplitude of the signal lies below the specified threshold, nonlinear 
circuit 108, 204 generates a control variable V 118 having a positive value. As noted, control 
variable V 118 is received by low-pass filter 210 which generates correction factor 116 based on 
the value of control variable 118. In accordance with the embodiment illustrated in FIG. 2, 
correction factor GC 116 for multiplier 104 is created by filtering control variable V 118 by low- 
pass filter 210. 

The nonlinear operation in nonlinear circuit 108, which limits the amplitudes of the audio 
signal to a specified threshold, generates audio signals with lower frequencies, which are also 
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called harmonics of the bass signal. The shape of these harmonics is determined by the selection 
of the nonlinear operation implemented in nonlinear circuit 108 and by the dimensioning of 
bandpass filter 112. A useful form of these harmonics can be determined, for example, by 
calculation or by experiment, so as to make the beginning of an audio signal with low frequencies, 
such as the striking of a drum, appear clearer and brighter to a listener. The choice of function 
implemented in function generator 110, 210 determines the time which passes between the 
beginning of a strong, low-frequency tone and the reduction of correction factor GC 116 to such 
an extent that nonlinear circuit 108 no longer generates harmonics. The length of this time 
interval, which is regarded as a time constant, is determined by the dimensioning of low-pass filter 
210 and the choice of the positive and negative values of control variable V 118. 

One advantage of audio processing circuits 100, 200 is that, with a small signal amplitude, 
amplifier 106 operates at full amplification and thus partially compensates the frequency 
characteristic of a loudspeaker. On the other hand, if the signal amplitude is sufficiently large, the 
frequency characteristic of the loudspeaker can be slightly compensated to avoid the loudspeaker 
from being overdriven. Thus, upon the onset of a bass signal, the bass signal is enriched with 
harmonics so that a listener, despite the lack of bass volume from the loudspeaker, has the 
sensation of clearly and loudly hearing the bass frequencies. 

A further embodiment of the audio processing circuit of the present invention, referred to 
as audio processing circuit 300, is shown in FIG. 3. Audio processing circuit 300 will now be 
described in conjunction with the embodiments of audio processing circuits 100 and 200 described 
above and illustrated in FIGs. 1 and 2, respectively. 

In the exemplary embodiment illustrated in FIG. 3, a more detailed illustration of one 
embodiment of nonlinear circuit 108 is shown. This embodiment of nonlinear circuit 108 is 

-29- 



MIC. 6055 

composed of a nonlinear circuit 302 and a function generator 304. The audio signal provided to 
the input of nonlinear circuit 108 is, as noted, the output signal of amplifier 106. This signal is 
directly conducted to the input of nonlinear circuit 302 and to the input of function generator 304. 
The output of function generator 304 is connected to a control input of nonlinear circuit 302. The 
signal output of nonlinear circuit 302 is connected to the input of bandpass filter 112, while a 
control output of nonlinear circuit 302 is connected to a function generator 310. Function 
generator 310 can be implemented as function generator 110 described above with reference to 
FIG. 1, or as low-pass filter 210 described above with reference to FIG. 2. 

Nonlinear circuit 302 continuously generates harmonics of the low-frequency components 
of the audio signal, which are weighted with variable factor ("NG") 306 by function generator 
304. The factor NG 306 is a function of the signal input to function generator 304. Depending on 
the choice of function for function generator 304, manifold acoustic effects can be created. For 
example, function generator 304 can be designed so that nonlinear circuit 302 more strongly 
generates harmonics as soon as the signal amplitude is to be limited, so as to prevent overdrive. In 
this way, signal energy is distributed among the higher frequency harmonics, which a loudspeaker 
or a loudspeaker system can more accurately reproduce. Although the energy of the lower 
frequency signal components is reduced in this approach, the listener nevertheless has the 
impression of a full bass sound due to the above-mentioned psychoacoustic effects. 

A still further embodiment of the audio processing circuit of the present invention, referred 
to as audio processing circuit 400, is shown in FIG. 4. Audio processing circuit 400 will now be 
described in conjunction with the embodiments of audio processing circuit 100, 200 and 300 
described above and illustrated in FIGs. 1 , 2 and 3, respectively. In this exemplary illustration of 
audio processing circuit 400, one embodiment of a detailed implementation of nonlinear circuit 
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308 is illustrated. This illustrative embodiment is referred to in FIG. 4 as nonlinear circuit 408. 
Nonlinear circuit 408 includes embodiments of nonlinear circuit 302, referred to as nonlinear 
circuit 402 herein, and function generator 304, referred to herein as function generator 404. 

In this embodiment, the signal input to nonlinear circuit 408 which, as noted, is the output 
signal from amplifier 106, is conducted to a first input of an adder 402, to the input of an absolute 
value forming circuit 404, and to the input of a peak value detector 406. The output of peak value 
detector 406 is connected to the input of a low-pass filter 410 and a low-pass filter 412. The 
output of low-pass filter 410 is connected to a first input of a subtractor 414, and the output of 

low-pass filter 412 is connected to a second input of subtractor 414. The output of subtractor 414 

I 

| is connected, via a limiter 416, to the first input of a multiplier 418. 

The output of absolute value forming circuit 404 is connected to the second input of 
multiplier 418, the output of which is connected to a second input of adder 402. The output of 
adder 402 is connected to the input of a limiter 420. The control output of limiter 420 is provided 
to function generator 410. As with function generator 310, function generator 410 can be 
implemented as function generator 110 or as low-pass filter 210. The output of limiter 420 is 
connected to the input of bandpass filter 1 12. The processed audio signal 103 for a loudspeaker or 
a loudspeaker system is available at the output of bandpass filter 112. 

Peak value detector 406 determines the level of the maximum amplitude occurring during a 
specified time interval T. The output signal of peak value detector 406 is time-averaged by the 
two low-pass filters 410 and 412. In one embodiment, the time constant of low-pass filter 412 is 
smaller than that of low-pass filter 410. That is, the cut-off frequency of low-pass filter 412 with 
the smaller time constant is higher than that of low-pass filter 410 with the larger time constant. 
Because of the smaller time constant, the output signal of low-pass filter 412 follows a change of 
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the input signal faster than does the output signal of low-pass filter 412. The absolute value 
forming circuit 404 forms the absolute value of the input signal, which is weighted in multiplier 
418 by factor NG 306 generated by subtractor 416. Limiter 416 limits factor NG 306 to a range 
between 0 and 1. The weighted absolute value of the input signal is added in adder 402 to the 
input signal, and the resulting sum is limited to a specified amplitude by limiter 420 so as to 
prevent overdrive. 

For example, if the amplitude of the input signal rises discontinuously, the level at the 
output of low-pass filter 412 will rise faster, due to its smaller time constant, than at the output of 
low-pass filter 410. As a result, factor NG 306, which is to be regarded as a control variable, 
assumes a positive value for rising amplitudes in the input signal. As the rate at which the 

m 

fU amplitude of the input signal rises increases, more harmonics will be generated and will be 



Ui 



m 



m 



admixed to the input signal. On the other hand, if the amplitude falls, factor NG 306 becomes 
negative, because now the level at the output of low-pass filter 412, due to its smaller time 
constant, becomes smaller than the level at the output of low-pass filter 410. Because the factor 
NG 306 has a lower limit of zero, no harmonics are admixed to the audio signal when the 
amplitudes are falling. 

A significant advantage of the invention is that the nonlinear operation of nonlinear circuit 
408, and the function of function generator 410, determine the form of the harmonics as well as 
the time of their generation. It should be understood by those of ordinary skill in the art that 
adjustments in the nonlinear operation of the nonlinear circuit 108, 208, 308, 408 and of the 
function of function generator 110, 210, 310, 410, the invention can easily be adapted to 
loudspeakers with different characteristics, so that optimum compensation of the frequency 
response of a loudspeaker is always achieved. Because the amplitude of the audio signal is limited 
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to a specified value by nonlinear circuit, the inventive circuit reacts much faster than the prior art 
to rising amplitudes of the audio signal. 

The invention is especially suited for acoustic reproduction units, e.g. television units, 
portable radios, which are equipped with loudspeakers with a weak bass range, because the 
invention prevents overdriving the entire reproduction system and at the same time offers the 
listener the illusion of sonorous basses, even though the loudspeakers really do not radiate these 
low bass frequencies. 

Although the present invention has been shown and described with respect to several 
preferred embodiments thereof, various changes, omissions and additions to the form and detail 
thereof, may be made therein, without departing from the spirit and scope of the invention. 

What is claimed is: 
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-13. (New) A method for processing a received audio signal comprising: 

band-limiting the received audio signal to generate a first intermediate signal; 
multiplying said first intermediate signal by a correction factor to generate a second 
intermediate signal; 

amplifying said second intermediate signal by an amplification factor to generate a third 
intermediate signal; 

limiting the amplitude of said third intermediate signal to a specified maximum value to 
generate a fourth intermediate signal; 

band-limiting said fourth intermediate signal to generate a fifth intermediate signal; and 
adding said fifth intermediate signal to said received audio signal. - 

-14. (New) The method of claim 13, further comprising: 

adjusting said correction factor based on whether said third intermediate signal exceeds a 
predetermined threshold value. -- 

-15. (New) The method of claim 14, wherein said adjusting said correction factor comprises: 
reducing said correction factor when said third intermediate signal exceeds said 
predetermined threshold value. - 

-16. (New) The method of claim 15, wherein said adjusting said correction factor comprises: 
increasing said correction factor when said third intermediate signal does not exceed said 
predetermined threshold value. - 
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-17. (New) The method of claim 14, wherein said adjusting said correction factor comprises: 
generating a control variable based on said amplitude of said third intermediate signal; and 
generating said correction factor as a function of said control variable. - 

-18. (New) The method of claim 17, wherein said generating a correction factor as a function of 
said control variable is performed by a low-pass filter. - 

-19. (New) The method of claim 13, wherein said limiting the amplitude of said third 
intermediate signal to a specified maximum value comprises: 

generating harmonics of low-frequency signal components of said received audio signal; 

and 

weighting said harmonics with a variable factor.- 

-20. (New) The method of claim 19, wherein said weighting said harmonics with a variable 
factor comprises: 

generating said variable factor as a function of said third intermediate signal. - 

-21. (New) The method of claim 20, wherein said step of generating harmonics comprises: 
increasingly generating harmonics at the beginning of a low-frequency signal. - 

-22. (New) The method of claim 20, wherein said generating said variable factor as a function 
of said third intermediate signal comprises: 

detecting a peak value of said third intermediate signal in accordance with a predetermined 
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function of said third intermediate signal to generate a sixth intermediate signal; 

low-pass filtering said sixth intermediate signal separately with first and second time 
constants; and 

generating a difference signal of the two low-pass filtered signals, wherein said difference 
signal is generated as said variable factor. - 

-23. (New) The method of claim 20, wherein said weighting further comprises the steps of: 
determining an absolute value of said third intermediate signal; 

multiplying said absolute value of said third intermediate signal with said variable factor to 
generate a seventh intermediate signal; 

adding to said third intermediate signal to said seventh intermediate signal to form an eight 
intermediate value; and 

limiting amplitudes of said eight intermediate value to a specified value. - 

-24. (New) A circuit for processing an input audio signal received at an input of the circuit to 
provide at an output of the circuit a processed audio signal, the circuit comprising: 

a first adder having first and second inputs and an output at which the processed audio 
signal is provided; 

a first conductive path connecting the circuit input to said first input of said first adder, said 
first conductive path constructed and arranged to deliver said received audio signal unaltered to 
said first adder; 

a second conductive path connecting said circuit input to said second input of said first 
adder, said second conductive path comprising, 
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a first bandpass filter having an output and an input connected to said circuit input; 

a multiplier having a first input connected to said first bandpass filter output, and a 
second input, and an output; 

a variable amplifier, having an output and an input connected to said multiplier 
output, for amplifying a signal received at said amplifier input in accordance with an 
amplification factor presented at a control input of said amplifier; 

a first nonlinear circuit having an output and an input connected to said amplifier 
output, said nonlinear circuit limiting to a specified maximum the amplitude of a signal 
presented at said first nonlinear circuit input; and 

a second bandpass filter having an input connected to said nonlinear circuit output 
and an output defining said circuit network output; and 

a first function generator having an input connected to a control output of said first 
nonlinear circuit, and an output connected to said multiplier second input. - 

--25 . (New) The circuit arrangement of claim 24, wherein said first function generator comprises 
a first low-pass filter. - 

-26. (New) The circuit arrangement of claim 24, wherein said first nonlinear circuit comprises: 
a second nonlinear circuit having an input and output connected to said input and output, 

respectively, of said first nonlinear circuit, a control output defining said control output of said 

first nonlinear circuit, and a control input to which said second nonlinear circuit is responsive; and 
a second function generator having an input connected to said input of said first nonlinear 

circuit and an output connected to said control input of said second nonlinear circuit. - 
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-27. (New) The circuit arrangement of claim 26, wherein said second function generator 
comprises: 

a peak value detector circuit having an output and an input connected to said second 
function generator input, 

a second low-pass filter having an output and an input connected to said peak value detector 

output; 

a third low-pass filter having an output and an input connected to said peak value detector 

output; 

a subtracter having first and second inputs connected to said outputs of said second and 
third low-pass filters, respectively, and an output; and 

a first limiter circuit having an input connected to said subtracter output, and an output 
connected to said second function generator control input. - 

-28. (New) The circuit arrangement of claim 27, wherein said second nonlinear circuit 
comprises: 

an absolute value forming circuit having an output and an input connected to said first 
nonlinear circuit input; 

a second multiplier having a first input connected to said first limiter circuit output and a 
second input connected to said absolute value forming circuit output; 

a second adder having an output, a first input connected to said first nonlinear circuit input, 
and a second input connected to said second multiplier output; and 

a second limiter circuit having an input connected to said second adder output, a control 
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output connected to said first function generator, and an output connected to said second bandpass 
filter input. - 

-29. (New) A circuit for processing an input audio signal received at an input of the circuit to 
provide at an output of the circuit a processed audio signal, the circuit comprising: 

means for band-limiting the received audio signal to generate a first intermediate signal; 

means for multiplying the first intermediate signal by a correction factor to generate a 
second intermediate signal; 

means for amplifying the second intermediate signal by an amplification factor to generate 
a third intermediate signal; 

means for limiting the amplitude of said third intermediate signal to a specified maximum 
value to generate a fourth intermediate signal; 

means for band-limiting said fourth intermediate signal to generate a fifth intermediate 
signal; and 

means for adding said fifth intermediate signal to said received audio signal. 

-30. (New) The circuit of claim 29, further comprising: 

means for adjusting said correction factor based on whether said third intermediate signal 
exceeds a predetermined threshold value. — 

-31. (New) The circuit of claim 30, wherein said adjusting means comprises: 

means for reducing said correction factor when said third intermediate signal exceeds said 
predetermined threshold value, and for increasing said correction factor when said third 
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intermediate signal does not exceed said predetermined threshold value. - 

-32. (New) A circuit for processing an input audio signal received at an input of the circuit to 
provide at an output of the circuit a processed audio signal, the circuit comprising: 

a first conductive path through which the received audio signal travels; 

a second conductive path through which the received audio signal travels, wherein the 
audio signal is processed such that harmonics of the signal components with a low-frequency are 
generated in the second path and are admixed to the signal in the first path, wherein in the second 
path the audio signal is sequentially bandpass filtered, weighted with a correction factor, 
amplified, limited to a maximum value, and bandpass filtered, wherein the correction factor is 
reduced when the maximum value is exceeded. - 
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REMARKS 

Claims 1-12 have been canceled. Claims 13-32 have been added. Claims 13-32 remain. 
The specification has been amended following the translation of the application to English. 
Examination on the merits is respectfully requested. 

If a telephone interview could assist in the prosecution of this application, please call the 
undersigned attorney. 



Respectfully submitted, 





trr 



Patrick J. O'Shea 
Registration No. 35,305 
Samuels, Gauthier & Stevens LLP 
225 Franklin Street, Suite 3300 
Boston, Massachusetts 02110 
Telephone: (617) 426-9180 xl21 
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VERSION WITH MARKINGS TO SHOW CHANGES MADE TO CLAIMS 

Please cancel claims 1-12, and add claims 13-32 as follows: 

1 . (Canceled) A method for processing an audio signal (Xin), which, via a first path (PI), is 
conducted to the first input of a first adder (Al), characterized in that the audio signal (Xin) is 
band-limited in a second path (P2) by means of a first bandpass filter (BP1) , and that, at the 
output of the first bandpass filter (BP1), the band-limited audio signal is multiplied by a correction 
factor (GC), is amplified by an amplification factor (G), and then its amplitude is limited to a 
specified maximum by means of a nonlinear circuit (NL1), and that the correction factor (GC) is 
reduced when the prescribed maximum is exceeded, but otherwise remains constant or is 
increased, and that the audio signal at the output of the first nonlinear circiit (NL1) is band-limited 
by means of a second bandpass filter (BP2), and that the band-limited audio signal at the output of 
the second bandpass filter (BP2) is added, in the adder (AD), to the audio signal of the first path 
(PI). 

2. (Canceled)The method of Claim 1, characterized in that the correction factor (GC) is a 
function (Fl) of a control variable (V), which is generated by the first nonlinear circuit (NL1). 

3 . (Canceled)The method of Claim 2, characterized in that the correction factor (GC) assumes 
a first value (VI) if the amplitude is less than the prescribed threshold, and assumes a second value 
(V2) if the amplitude is greater than the specified threshold. 
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4. (Canceled)The method of Claim 2 or 3, characterized in that the function (Fl) is 
implemented by means of a first low-pass filter (TP1). 

5. (Canceled) The method of one of the Claims 1 to 4, characterized in that the nonlinear 
circuit (NL1) generates harmonics of the low-frequency signal components and weights them with 
a variable factor (NG). 

6. (Canceled) The method of Claim 5, characterized in that the variable factor (NG) is a 
function (F2) of the input signal of the first nonlinear circuit (NL1). 

7. (Canceled) The method of Claim 6, characterized in that the first nonlinear circuit (NL1) 
increasingly generates harmonics at the beginning of a low-frequency signal 

8. (Canceled) The method of Claim 7, characterized in that the input signal of the first 
nonlinear circuit (NL1) is detected by a peak value detector (PK) in the first nonlinear circuit 
(NL1), in accordance with the function (F2) of the input signal of the first nonlinear circuit (NL1), 
and that the output signal of said peak value detector is low-pass filtered in a second and third low 
pass filter (TP2, TP3) with different time constants, and that the difference signal of the two low- 
pass filtered signals represents the variable factor (NG), and that the absolute value of the input 
signal of the first nonlinear circuit (NL1) is weighted with this factor (NG) and is added to the 
input signal of the first nonlinear circuit (NL1) to form a summation value, whose amplitude is 
limited to a specified value. 
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9. (Canceled) A circuit arrangement to process an audio signal (Xin) which, via a first path 
(PI), is conducted to the first input of a first adder (Al), whose output delivers the output signal 
(Xout), characterized in that the audio signal (Xin) is conducted to the second input of the first 
adder (Al) via a second path (P2), consisting of a first bandpass filter (BP1), a first multiplier 
(Ml), an amplifier (AM) with variable amplification, a first nonlinear circuit (NL1), and a second 
bandpass filter (BP2), all connected in series, and that a control output of the first nonlinear circuit 
(NL1) is connected to the input of a first function generator (Fl), whose output is connected to the 
first multiplier (Ml), and that an amplification (G) is applied to the control input of the amplifier 
(AM). 

10. (Canceled) The circuit arrangement of Claim 9, characterized in that the first function 
generator (Fl) is designed as a first low-pass filter (TP1). 

11. (Canceled) The circuit arrangement of Claim 9 or 10, characterized in that the first 
nonlinear circuit (NL1) consists of a second nonlinear circuit (NL2) and the second function 
generator (F2), and that the input signal of the first nonlinear circuit (NL1) is applied to the input 
of the second nonlinear circuit (NL2) and to the input of the second function generator (F2), whose 
output is connected to the control input of the second nonlinear circuit (NL2), and that the control 
output of the second nonlinear circuit (NL2) is connected to the first function generator (Fl) or to 
the first low-pass filter (TP1), and that the signal output of the second nonlinear circuit (NL2) is 
connected to the input of the second bandpass filter (BP2). 
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12. (Canceled) The circuit arrangement of Claim 1 1 , characterized in that the second function 
generator (F2) consists of a peak value detector (PK), a second and a third low-pass filter (TP2, 
TP3), a first limiter (LIM1), and a subtracter (S), and that the second nonlinear circuit (NL2) 
consists of an absolute value forming circuit (ABS), a second multiplier (M2), a second adder 
(A2), and a second limiter (LIM2), and that the input signal of the first nonlinear circuit (NL1) is 
conducted to the first input of the second adder (A2), to the input of the absolute value forming 
circuit (ABS), and to the input of the peak value detector (PK), whose output is connected to the 
input of the second low-pass filter (TP2) and to the input of the third low-pass filter (TP3), and 
that the output of the second low-pass filter (TP2) is connected to the first input of a subtracter (S), 
and the output of the third low-pass filter (TP3) is connected to the second input of a subtractors 
(S), whose output is connected, via the first limiter (LIM1), to the first input of the second 
multiplier (M2), and that the output of the absolute value forming circuit (ABS) is connected to the 
second input of the second multiplier (M2), whose output is connected to the second input of the 
second adder (A2), and that the output of the second adder (A2) is connected to the input of the 
second limiter (LIM2), whose control output is connected to the first function generator (Fl) or to 
the first low-pass filter (TP1), and whose output is connected to the input of the second bandpass 
filter (BP2). 

—13. (New) A method for processing a received audio signal comprising: 

band-limiting the received audio signal to generate a first intermediate signal; 
multiplying said first intermediate signal by a correction factor to generate a second 

intermediate signal; 

amplifying said second intermediate signal by an amplification factor to generate a third 
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intermediate signal; 

limiting the amplitude of said third intermediate signal to a specified maximum value to 
generate a fourth intermediate signal; 

band-limiting said fourth intermediate signal to generate a fifth intermediate signal; and 
adding said fifth intermediate signal to said received audio signal. -- 

-14. (New) The method of claim 13, further comprising: 

adjusting said correction factor based on whether said third intermediate signal exceeds a 
predetermined threshold value. - 

-15. (New) The method of claim 14, wherein said adjusting said correction factor comprises: 
reducing said correction factor when said third intermediate signal exceeds said 
predetermined threshold value. - 

-16. (New) The method of claim 15, wherein said adjusting said correction factor comprises: 
increasing said correction factor when said third intermediate signal does not exceed said 
predetermined threshold value. - 

—17. (New) The method of claim 14, wherein said adjusting said correction factor comprises: 
generating a control variable based on said amplitude of said third intermediate signal; and 
generating said correction factor as a function of said control variable. - 

—18. (New) The method of claim 17, wherein said generating a correction factor as a function of 
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said control variable is performed by a low-pass filter. — 

-19. (New) The method of claim 13, wherein said limiting the amplitude of said third 
intermediate signal to a specified maximum value comprises: 

generating harmonics of low-frequency signal components of said received audio signal; 

and 

weighting said harmonics with a variable factor. - 

-20. (New) The method of claim 19, wherein said weighting said harmonics with a variable 
factor comprises: 

generating said variable factor as a function of said third intermediate signal. - 

I 

-21. (New) The method of claim 20, wherein said step of generating harmonics comprises: 
increasingly generating harmonics at the beginning of a low-frequency signal. - 

-22. (New) The method of claim 20, wherein said generating said variable factor as a function 
of said third intermediate signal comprises: 

detecting a peak value of said third intermediate signal in accordance with a predetermined 
function of said third intermediate signal to generate a sixth intermediate signal; 

low-pass filtering said sixth intermediate signal separately with first and second time 
constants; and 

generating a difference signal of the two low-pass filtered signals, wherein said difference 
signal is generated as said variable factor. - 

-48- 



MIC.6055 



-23. (New) The method of claim 20, wherein said weighting further comprises the steps of: 

determining an absolute value of said third intermediate signal; 

multiplying said absolute value of said third intermediate signal with said variable factor to 
generate a seventh intermediate signal; 

adding to said third intermediate signal to said seventh intermediate signal to form an eight 
intermediate value; and 

limiting amplitudes of said eight intermediate value to a specified value. ~ 

-24. (New) A circuit for processing an input audio signal received at an input of the circuit to 
provide at an output of the circuit a processed audio signal, the circuit comprising: 

a first adder having first and second inputs and an output at which the processed audio 
signal is provided; 

a first conductive path connecting the circuit input to said first input of said first adder, said 
first conductive path constructed and arranged to deliver said received audio signal unaltered to 
said first adder; 

a second conductive path connecting said circuit input to said second input of said first 
adder, said second conductive path comprising, 

a first bandpass filter having an output and an input connected to said circuit input; 

a multiplier having a first input connected to said first bandpass filter output, and a 
second input, and an output; 

a variable amplifier, having an output and an input connected to said multiplier 
output, for amplifying a signal received at said amplifier input in accordance with an 
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amplification factor presented at a control input of said amplifier; 

a first nonlinear circuit having an output and an input connected to said amplifier 
output, said nonlinear circuit limiting to a specified maximum the amplitude of a signal 
presented at said first nonlinear circuit input; and 

a second bandpass filter having an input connected to said nonlinear circuit output 
and an output defining said circuit network output; and 

a first function generator having an input connected to a control output of said first 
nonlinear circuit, and an output connected to said multiplier second input.- 

-25. (New) The circuit arrangement of claim 24, wherein said first function generator comprises 
a first low-pass filter. - 

-26. (New) The circuit arrangement of claim 24, wherein said first nonlinear circuit comprises: 
a second nonlinear circuit having an input and output connected to said input and output, 

respectively, of said first nonlinear circuit, a control output defining said control output of said 

first nonlinear circuit, and a control input to which said second nonlinear circuit is responsive; and 
a second function generator having an input connected to said input of said first nonlinear 

circuit and an output connected to said control input of said second nonlinear circuit ~ 

-27. (New) The circuit arrangement of claim 26, wherein said second function generator 
comprises: 

a peak value detector circuit having an output and an input connected to said second 
function generator input, 
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a second low-pass filter having an output and an input connected to said peak value detector 

output; 

a third low-pass filter having an output and an input connected to said peak value detector 

output; 

a subtractor having first and second inputs connected to said outputs of said second and 
third low-pass filters, respectively, and an output; and 

a first limiter circuit having an input connected to said subtractor output, and an output 
connected to said second function generator control input. ~ 

--28. (New) The circuit arrangement of claim 27, wherein said second nonlinear circuit 
comprises: 

an absolute value forming circuit having an output and an input connected to said first 
nonlinear circuit input; 

a second multiplier having a first input connected to said first limiter circuit output and a 
second input connected to said absolute value forming circuit output; 

a second adder having an output, a first input connected to said first nonlinear circuit input, 
and a second input connected to said second multiplier output; and 

a second limiter circuit having an input connected to said second adder output, a control 
output connected to said first function generator, and an output connected to said second bandpass 
filter input. — 

-29. (New) A circuit for processing an input audio signal received at an input of the circuit to 
provide at an output of the circuit a processed audio signal, the circuit comprising: 
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means for band-limiting the received audio signal to generate a first intermediate signal; 

means for multiplying the first intermediate signal by a correction factor to generate a 
second intermediate signal; 

means for amplifying the second intermediate signal by an amplification factor to generate 
a third intermediate signal; 

means for limiting the amplitude of said third intermediate signal to a specified maximum 
value to generate a fourth intermediate signal; 

means for band-limiting said fourth intermediate signal to generate a fifth intermediate 
signal; and 

means for adding said fifth intermediate signal to said received audio signal. ~ 

-30. (New) The circuit of claim 29, further comprising: 

means for adjusting said correction factor based on whether said third intermediate signal 
exceeds a predetermined threshold value. - 

-31. (New) The circuit of claim 30, wherein said adjusting means comprises: 

means for reducing said correction factor when said third intermediate signal exceeds said 
predetermined threshold value, and for increasing said correction factor when said third 
intermediate signal does not exceed said predetermined threshold value. - 

-32. (New) A circuit for processing an input audio signal received at an input of the circuit to 
provide at an output of the circuit a processed audio signal, the circuit comprising: 
a first conductive path through which the received audio signal travels; 
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a second conductive path through which the received audio signal travels, wherein the 
audio signal is processed such that harmonics of the signal components with a low-frequency are 
generated in the second path and are admixed to the signal in the first path, wherein in the second 
path the audio signal is sequentially bandpass filtered, weighted with a correction factor, 
amplified, limited to a maximum value, and bandpass filtered, wherein the correction factor is 
reduced when the maximum value is exceeded.-- 



Description 

A MeihfidJcMLtocejsJng^ 

The invention relates to a method and to a circuit for processing an audio signal 
which is applied, via a first path, to the first input of an adder. 

Such methods and circuits are used in devices for acoustic reproduction, such as 
e.g. television sets, radio receivers, or stereo systems, to compensate the 
frequency response of the loudspeakers to improve acoustic reproduction, and to 
prevent overdriving the device or the system. 

The most critical element in a unit for acoustic reproduction is the loudspeaker, 
whose acoustic pressure drops about 40 db per decade below a structurally 
determined limit frequency. This corresponds to the transfer function of a 
second-order filter. On the other hand, bass reflex and transmission line 
loudspeakers have transfer functions which correspond to a higher order filter. 
Their lower limit frequency typically lies between about 50 Hz and 200 Hz. The 
lower the limit frequency of a loudspeaker, the more expensive is it to produce. 
Economical units, such as e.g. television or portable radio receivers 
consequently are equipped with simpler loudspeakers, whose lower limit 
frequency is relatively high. To improve acoustic reproduction in the lower 
frequency range, the limit frequency is shifted downward by preamplifying the low 
frequencies. However, this can cause the final amplifier and the loudspeakers to 
be overdriven. To prevent overdriving and possibly even destruction of the final 
amplifier or the loudspeaker, the output signal of the bass amplifier is fed back in 
such a way that the amplification of the lower frequencies is reduced if the output 
signal is strong. Such a method is known from the US-PS 5,305,388. 

The US-PS 5,359,665 describes a circuit in which the audio signal is conducted 
directly, via a first path, to the first input of an adder, while at the same time it is 
conducted, via a second path, and via a low-pass filter and an amplifier with 
variable amplification, to the second input of the adder. The output of the 
amplifier is fed back, through a signal level detector, to its control input. This 
procedure reduces overdrive of the final amplifier. 



From research results of psychoacoustics, it is known that a person can still 
unambiguously determine the fundamental tone level of a tone even if the 
fundamental frequency is not even present in the spectrum, but only harmonics 
of the fundamental. This psychoacoustic effect is utilized in that the harmonic of 
the fundamental frequency is generated and is conducted to a loudspeaker 
whose limit frequency lies above this fundamental frequency. A listener 
consequently believes that he hears this low fundamental frequency even though 
the loudspeaker does not radiate it at all. 

The US-PS 5,668,885 describes a circuit which thereby "entices" from a 
loudspeaker with a relatively high lower limit frequency still lower frequencies 
than its limit frequency. This is done by generating harmonics of the lower 
frequencies. The audio signal is conducted, via a first path, to the first input of an 
adder. In a second path, the audio signal passes through a low-pass filter, is 
rectified, once again passes through a low-pass filter, is amplified, and finally is 
conducted to the second input of the adder. 

The US-PS 4,150,253 likewise describes a method and a circuit, in which an 
audio signal is divided into two signal paths. In the first path, the audio signal 
traverses a high-pass filter, so as to shift the phase in dependence on the 
frequency. Those signals at the output of the high-pass filter, whose levels 
exceed a given value, are conducted to the input of a generator to generate the 
harmonics of the fundamental frequency. The level of the signals at the output of 
the generator is attenuated to a value below the level of the original audio signal. 
This attenuated signal and the original audio signal are added together. 

The US-PS 4,700,390 describes a so-called synthesizer, in which harmonics are 
generated both for the lower and higher frequencies, and are added to the 
original audio signal. This is supposed to achieve better reproduction both in the 
low and in the high frequency range. 

The US-PS 5,771 ,296 likewise describes a circuit in which the audio signal is 
conducted, via a first path, directly into an adder, while, via a second path, the 
harmonics of the lower frequencies are generated and are added in the adder to 
the original signal, so as to make the listener believe that a loudspeaker radiates 
lower frequencies than it actually does. 



Finally, the US-PS 4,739,514 describes another circuit to improve the acoustic 
reproduction of low frequencies. With this circuit, too, the audio signal is 
conducted, via a first path, to the first input of an adder, while, via a second path 
consisting of an amplifier with variable amplification in series with a bandpass 
filter, it is conducted to the second input of the adder. A signal level detector, 
whose input receives the audio signal, controls the amplification of the amplifier. 

All the referenced, known methods and circuits have the disadvantage that, due 
to feedback, they react relatively slowly to rising amplitudes and, despite the 
feedback they tend to overdrive. 

It is therefore the object of the invention to design a method in accordance with 
the generic part of Claim 1 and a circuit in accordance with the generic part of 
Claim 9, in such a fashion that the frequency response of a loudspeaker is 
compensated, its acoustic reproduction is improved, and overdrive of the entire 
reproduction system is prevented, especially in the range of low frequencies. 

The invention achieves this object in terms of method in that the audio signal is 
band-limited in a second path by means of a first bandpass filter , and that, at the 
output of the first bandpass filter, the band-limited audio signal is multiplied by a 
correction factor, is amplified by an amplification factor, and then its amplitude is 
limited to a specified maximum by means of a nonlinear circuit, and that the 
correction factor is reduced when the prescribed maximum is exceeded, but 
otherwise remains constant or is increased, and that the audio signal at the 
output of the first nonlinear circuit is band-limited by means of a second 
bandpass filter, and that the band-limited audio signal at the output of the second 
bandpass filter is added, in the adder, to the audio signal of the first path. 

The invention achieves this object in terms of apparatus in that the audio signal is 
conducted to the second input of the first adder via a second path, consisting of a 
first bandpass filter, a first multiplier, an amplifier with variable amplification, a 
first nonlinear circuit, and a second bandpass filter, all connected in series, and 
that a control output of the first nonlinear circuit is connected to the input of a first 
function generator, whose output is connected to the first multiplier, and that an 
amplification is applied to the control input of the amplifier. 



The invention will now be described and explained in terms of the inventive 
embodiments shown in the figures. 

Figure 1 shows a first embodiment of the invention. 

Figure 2 shows a second embodiment of the invention. 

Figure 3 shows a third embodiment of the invention. 

Figure 4 shows a fourth embodiment of the invention. 

The inventive method will be described and explained in terms of the first 
embodiment of the inventive circuit, shown in Figure 1. 

In Figure 1, an audio signal Xin is conducted, via a first path P1 , to the first input 
of a first adder A1 and, via a second path P2, to the second input of the adder 
A1 . The path P2 consists of a first bandpass filter BP1 , a first multiplier M1 , an 
amplifier AM with variable amplification, a first nonlinear circuit NL1, and a 
second bandpass filter BP2 all connected in series. The output audio signal Xout 
can be taken from the output of the adder A1 . A control output of the first 
nonlinear circuit NL1 is connected to the input of a function generator F1 . The 
output of the function generator F1 is connected to the first multiplier M1 . A 
control variable G is applied to the control input of the amplifier AM. 

The audio signal Xin is band-limited by the first bandpass filter BP1 . Then the 
audio signal is multiplied by a variable correction factor GC in the multiplier M1 . 
The product at the output of the multiplier M1 is amplified in the amplifier AM by 
the amplification factor G. The nonlinear circuit NL1 limits the amplitude of the 
audio signal delivered by the amplifier AM to a specified value. The output signal 
of the nonlinear circuit NL1 is band-limited by means of the bandpass filter BP2. 
The nonlinear circuit NL1 creates a control variable V, from which the function 
generator F1 generates the correction factor GC. This correction factor GC is 
varied by the function generator F1 in dependence on the control variables V, in 
such a way that it is reduced in the case of overdrive. On the other hand, if the 
level of the audio signal lies within its allowed limits, the correction factor GC is 
increased by the function generator F1 , but at most up to the value 1 . 



The second embodiment of the invention, shown in Figure 2, will now be 
described and will be explained in conjunction with the first embodiment of Figure 
1. 

In the second embodiment in Figure 2, the function generator F1 is implemented 
as a low-pass filter TP1 , and the first nonlinear circuit NL1 is implemented as a 
limiter, which cuts off the signal amplitude above a specified threshold. 

If the signal amplitude exceeds the specified threshold, the nonlinear circuit NL1 
conducts the control variable V with negative value V1 to the low-pass filter TP1 . 
If the signal amplitude lies below the specified threshold, the nonlinear circuit 
NL1 generates a control variable V with a positive value V2. The correction 
factor GC for the multiplier M1 is created by filtering the control variable V by 
means of the low-pass filter TP1 . 

The nonlinear operation in the nonlinear circuit NL1, which limits the amplitudes 
of the audio signal to a specified threshold, generates audio signals with the 
lower frequencies, which are also called harmonics of the bass signal. The 
shape of these harmonics is determined by the choice of the nonlinear operation 
in the nonlinear circuit NL1 and by the dimensioning of the bandpass filter BP2. 
A useful form of these harmonics can be determined e.g. by calculation or by 
experiment, so as to make the beginning of an audio signal with low frequencies, 
e.g. the striking of a drum, appear clearer and brighter to a listener. The choice 
of function of the function generator F1 determines the time which passes 
between the beginning of a strong, low-frequency tone and the reduction of the 
correction factor GC to such an extent that the nonlinear circuit NL1 no longer 
generates harmonics. The length of this time interval, which is regarded as a 
time constant, is determined by the dimensioning of the low-pass filter TP1 and 
the choice of the two control variables V1 and V2. 

The inventive methods described above achieve the following effects: 

With a small signal amplitude, the amplifier operates at full amplification and thus 
partially compensates the frequency characteristic of a loudspeaker. On the 
other hand, if the signal amplitude is sufficiently large, the frequency 



characteristic of the loudspeaker can be compensated only slightly, because 
otherwise it would be overdriven. Upon the onset of a bass signal, this bass 
signal is enriched with harmonics, so that a listener, despite the lack of bass 
volume from the loudspeaker, has the sensation of clearly and loudly hearing the 
bass frequencies. 

The third inventive embodiment, shown in Figure 3, will now be described and 
explained. 

In the third embodiment, in Figure 3, the nonlinear circuit NL1 is shown in detail. 
The nonlinear circuit NL1 is composed of a nonlinear circuit NL2 and a function 
generator F2. The input signal of the nonlinear circuit NL1 - that is the output 
signal of the amplifier AM - is conducted to the input of the nonlinear circuit NL2 
and the input of the function generator F2, whose output is connected to the 
control input of the nonlinear circuit NL2. The signal output of the nonlinear 
circuit NL2 is connected to the input of the bandpass filter BP2, while the control 
output of the nonlinear circuit NL2 is connected to the function generator F1 or to 
the low-pass filter TP1 . 

The nonlinear circuit NL2 continuously generates harmonics of the low-frequency 
components of the audio signal, which are weighted with the variable factor NG 
by the function generator F2. The factor NG is a function of the input signal. 
Depending on the choice of function for the function generator F2, manifold 
acoustic effects can be created. 

For example, the function generator F2 can be designed so that the nonlinear 
circuit NL2 more strongly generates harmonics as soon as the signal amplitude 
must be limited, so as to prevent overdrive. In this way, the signal energy is 
distributed among the higher frequency harmonics, which a loudspeaker or a 
loudspeaker system can reproduce better. Although now the energy of the lower 
frequency signal components is reduced, the listener nevertheless has the 
impression of a full bass sound due to the above-mentioned psychoacoustic 
effects. 

The fourth inventive embodiment, shown in Figure 4, will now be described and 
explained. 



Figure 4 shows in detail an exemplary structure of the nonlinear circuit NL2 and 
an exemplary structure of the function generator F2. 

The input signal to the nonlinear circuit NL1 , the output signal from the amplifier 
AM, is conducted to the first input of an adder A2, to the input of an absolute 
value forming circuit ABS, and to the input of a peak value detector PK, whose 
output is connected to the input of a low-pass filter TP2 and a low-pass filter TP3. 
The output of the low-pass filter TP2 is connected to the first input of a subtractor 
S, and the output of the low-pass filter TP3 is connected to the second input of a 
subtractor S. The output of the subtractor S is connected, via a limiter LIM1 , to 
the first input of a multiplier M2. The output of the absolute value forming circuit 
ABS is connected to the second input of the multiplier M2, whose output is 
connected to the second input of the adder A2. The output of the adder A2 is 
connected to the input of a limiter LIM2, whose control output delivers the control 
variable V to the function generator F1 or to the low-pass filter TP1 , and whose 
output is connected to the input of the bandpass filter BP2. The audio signal for 
a loudspeaker or a loudspeaker system is available at the output of the bandpass 
filter BP2. 

The peak value detector PK determines the level of the maximum amplitude 
occurring during a specified time interval T. The output signal of the peak value 
detector PK is time-averaged by the two low-pass filters TP2 and TP3. The time 
constant of the low-pass filter TP3 is smaller than that of the low-pass filter TP2, 
i.e. the cut-off frequency of the low-pass filter TP3 with the smaller time constant 
is higher than that of the low-pass filter TP2 with the larger time constant. 
Because of the smaller time constant, the output signal of the low-pass filter TP3 
follows a change of the input signal faster than does the output signal of the low- 
pass filter TP2. The absolute value forming circuit ABS forms the absolute value 
of the input signal, which is weighted in the multiplier M2 by the factor NG, which 
has been generated by the subtractor S. A limiter LIM1 limits the factor NG to 
arrange between 0 and 1 . The weighted absolute value of the input signal is 
added in the adder A2 to the input signal, and the resulting sum is limited to a 
specified amplitude by means of the limiter LIM2, so as to prevent overdrive. 
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For example, if the amplitude of the input signal rises discontinuously, the level at 
the output of the low-pass filter TP3 will rise faster, due to its smaller time 
constant, than at the output of the low-pass filter TP2. As a result, the factor NG, 
which is to be regarded as a control variable, assumes a positive value for rising 
amplitudes in the input signal. The stronger the amplitude of the input signal 
rises, the more harmonics will be generated and will be admixed to the input 
signal. On the other hand, if the amplitude falls, the factor NG becomes 
negative, because now the level at the output of the low-pass filter TP3, due to its 
smaller time constant, becomes smaller than the level at the output of the low- 
pass filter TP2. Because the factor NG has a lower limit of zero, no harmonics 
are admixed to the audio signal when the amplitudes are falling. 

A significant advantage of the invention is that the nonlinear operation of the 
nonlinear circuit NL1, and the function of the function generator F1, determine 
the form of the harmonics as well as the time of their generation. By skillful 
choice of the nonlinear operation of the nonlinear circuit and of the function of the 
function generator, the invention can easily be adapted to loudspeakers with 
different characteristics, so that optimum compensation of the frequency 
response of a loudspeaker is always achieved. Because the amplitude of the 
audio signal is limited to a specified value by the nonlinear circuit NL1 , the 
inventive circuit reacts much faster than the prior art to rising amplitudes of the 
audio signal. 

The invention is especially suited for acoustic reproduction units, e.g. television 
units, portable radios, which are equipped with loudspeakers with a weak bass 
range, because the invention prevents overdriving the entire reproduction system 
and at the same time offers the listener the illusion of sonorous basses, even 
though the loudspeakers really do not radiate these low bass frequencies. 
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Claims 

1 . A method for processing an audio signal (Xin), which, via a first path (P1 ), 
is conducted to the first input of a first adder (A1), characterized in that the 
audio signal (Xin) is band-limited in a second path (P2) by means of a first 
bandpass filter (BP1 ) , and that, at the output of the first bandpass filter 
(BP1), the band-limited audio signal is multiplied by a correction factor 
(GC), is amplified by an amplification factor (G), and then its amplitude is 
limited to a specified maximum by means of a nonlinear circuit (NL1 ), and 
that the correction factor (GC) is reduced when the prescribed maximum 
is exceeded, but otherwise remains constant or is increased, and that the 
audio signal at the output of the first nonlinear circuit (NL1) is band-limited 
by means of a second bandpass filter (BP2), and that the band-limited 
audio signal at the output of the second bandpass filter (BP2) is added, in 
the adder (AD), to the audio signal of the first path (P1 ). 

2. The method of Claim 1 , characterized in that the correction factor (GC) is 
a function (F1 ) of a control variable (V), which is generated by the first 
nonlinear circuit (NL1). 

3. The method of Claim 2, characterized in that the correction factor (GC) 
assumes a first value (V1 ) if the amplitude is less than the prescribed 
threshold, and assumes a second value (V2) if the amplitude is greater 
than the specified threshold. 

4. The method of Claim 2 or 3, characterized in that the function (F1 ) is 
implemented by means of a first low-pass filter (TP1). 

5. The method of one of the Claims 1 to 4, characterized in that the nonlinear 
circuit (NL1 ) generates harmonics of the low-frequency signal components 
and weights them with a variable factor (NG). 



6. 



The method of Claim 5, characterized in that the variable factor (NG) is a 
function (F2) of the input signal of the first nonlinear circuit (NL1 ). 
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The method of Claim 6, characterized in that the first nonlinear circuit 
(NL1) increasingly generates harmonics at the beginning of a low- 
frequency signal. 

The method of Claim 7, characterized in that the input signal of the first 
nonlinear circuit (NL1) is detected by a peak value detector (PK) in the first 
nonlinear circuit (NL1), in accordance with the function (F2) of the input 
signal of the first nonlinear circuit (NL1 ), and that the output signal of said 
peak value detector is low-pass filtered in a second and third low-pass 
filter (TP2, TP3) with different time constants, and that the difference 
signal of the two low-pass filtered signals represents the variable factor 
(NG), and that the absolute value of the input signal of the first nonlinear 
circuit (NL1 ) is weighted with this factor (NG) and is added to the input 
signal of the first nonlinear circuit (NL1) to form a summation value, whose 
amplitude is limited to a specified value. 

A circuit arrangement to process an audio signal (Xin) which, via a first 
path (P1 ), is conducted to the first input of a first adder (A1 ), whose output 
delivers the output signal (Xout), characterized in that the audio signal 
(Xin) is conducted to the second input of the first adder (A1 ) via a second 
path (P2), consisting of a first bandpass filter (BP1 ), a first multiplier (M1 ), 
an amplifier (AM) with variable amplification, a first nonlinear circuit (NL1), 
and a second bandpass filter (BP2), all connected in series, and that a 
control output of the first nonlinear circuit (NL1) is connected to the input 
of a first function generator (F1 ), whose output is connected to the first 
multiplier (M1), and that an amplification (G) is applied to the control input 
of the amplifier (AM). 

The circuit arrangement of Claim 9, characterized in that the first function 
generator (F1) is designed as a first low-pass filter (TP1). 

The circuit arrangement of Claim 9 or 10, characterized in that the first 
nonlinear circuit (NL1) consists of a second nonlinear circuit (NL2) and the 
second function generator (F2), and that the input signal of the first 
nonlinear circuit (NL1) is applied to the input of the second nonlinear 
circuit (NL2) and to the input of the second function generator (F2), whose 
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output is connected to the control input of the second nonlinear circuit 
(NL2), and that the control output of the second nonlinear circuit (NL2) is 
connected to the first function generator (F1) or to the first low-pass filter 
(TP1 ), and that the signal output of the second nonlinear circuit (NL2) is 
connected to the input of the second bandpass filter (BP2). 

The circuit arrangement of Claim 1 1 , characterized in that the second 
function generator (F2) consists of a peak value detector (PK), a second 
and a third low-pass filter (TP2, TP3), a first limiter (LIM1 ), and a 
subtractor (S), and that the second nonlinear circuit (NL2) consists of an 
absolute value forming circuit (ABS), a second multiplier (M2), a second 
adder (A2), and a second limiter (LIM2), and that the input signal of the 
first nonlinear circuit (NL1 ) is conducted to the first input of the second 
adder (A2), to the input of the absolute value forming circuit (ABS), and to 
the input of the peak value detector (PK), whose output is connected to 
the input of the second low-pass filter (TP2) and to the input of the third 
low-pass filter (TP3), and that the output of the second low-pass filter 
(TP2) is connected to the first input of a subtractor (S), and the output of 
the third low-pass filter (TP3) is connected to the second input of a 
subtractors (S), whose output is connected, via the first limiter (LIM1), to 
the first input of the second multiplier (M2), and that the output of the 
absolute value forming circuit (ABS) is connected to the second input of 
the second multiplier (M2), whose output is connected to the second input 
of the second adder (A2), and that the output of the second adder (A2) is 
connected to the input of the second limiter (LIM2), whose control output 
is connected to the first function generator (F1 ) or to the first low-pass filter 
(TP1 ), and whose output is connected to the input of the second bandpass 
filter (BP2). 
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Abstract of the Disclosure 

So as to compensate the frequency response of loudspeakers and so as to give 
a listener the illusion of sonorous bass tones, it is known that an audio signal can 
be divided into a first and second path, such that harmonics of the signal 
components with a low-frequency are generated in the second path and are 
admixed to the signal in the first path. To improve reproduction, especially in the 
bass range of weakly designed loudspeakers, the audio signal is bandpass 
filtered (BP1), weighted with a correction factor GC (M1), amplified with an 
amplification factor G (AM), then limited to a maximum value (NL1), and finally 
again bandpass filtered (BP2), in the second path (P2), before it is added to the 
original audio signal (Xin) in the first path (P1). The correction factor (GC) is 
reduced when the maximum value is exceeded, while otherwise it remains 
constant or is increased. Through this measure, harmonics are generated at the 
onset of a low-frequency audio signal, and are admixed to the original audio 
signal. 



Figure 1 
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